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(54) Method and device for synthesizing a virtual sound source 



(57) The invention relates to a method for synthe- 
sizing a virtual sound source in a system (40) which 
comprises at least a right and a left channel for trans- 
mitting a stereo signal and in which the channels are 
connected to a filter block (42) for expanding the sound 
image. In the method, the amplifications of the separat- 
ed monophonk: and stereophonic signal components 
are optimized according to the stereophony of the signal 
coming to the system. The method according to the in- 



vention can also be applied to producing early room re- 
flections by means of a separate filter block (71). The 
invention also relates to a device for synthesizing a vir- 
tual sound source, which device comprises at (east a 
first and a second channel for transmitting the signal, at 
least one amplifier and filter and means for estimating 
the stereophony of the signal, for determining the am- 
plification coefficient of the filtered signal and for con- 
trolling the amplifier according to the calculated amplifi- 
cation coefficient. 
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Description 

[0001] The invention relates to a method according to the preamble of Claim 1 for synthesizing a virtual sound source. 
[0002] The invention also relates to a device according to the preamble of Claim 16 for synthesizing a virtual sound 

s source. 

[0003] In stereophonic sound reproduction, the objective is to transmit a realistic sound image to the listener by 
means of two sound channels, f n conventional stereo reproduction, the direction of incidence of the sound is determined 
by the amplitude and phase ratios of the sound signal on different channels. Thereby the direction perceived by the 
listener as the direction from which the sound is coming, is always in the area between the loudspeakers or in the 

to direction of either of the loudspeakers. 

[0004] The conventional stereo effect achieved by two loudspeakers is limited, especially when the loudspeakers of 
the left and right channel are close to one another, as in a television set or a. portable stereophonic radio cassette 
recorder, for example. When both loudspeakers are almost in the same direction with respect to the listener, there are 
no very distinct differences in the perceived sound direction 

IS [0005] The increase of multimedia applications that followed the growth of the computation capacity of personal 
computers has increased the need for a more advanced sound reproduction than the conventional stereo reproduction, 
whteh would be able to offer the listener a more realistic three-dimensional sound environment than before. A well 
known method to expand the capability of a sound reproduction system to represent sound direction is the use of 
several sound channels and loudspeakers, which is familiar from cinemas, for example. 

20 [0006] Man perceives the direction of the incoming sound mainly by means of interaural time differences (ITD) and 
interaural level differences (ILD). In a two-channel sound reproduction system, it is in principle possible to simulate all 
the directions of the sound by changing the above mentioned factors. In this way. it is possible to create an impression 
that the sound comes from a direction outside the pair of loudspeakers. 

[0007] In order to create the desired differences in the desired ITDs and ILDs of the sounds, so called HRTF (Head 

2S Related Transfer Functk5n) filters are used in this method. HRTF filters mean transfer functk^ns specified by measure- 
ment or calculation, which describe the filtering of a sound coming from a certain direction, mostly due to the effect of 
the shape of the head and external ear. By means of HRTF filters, it is possible to create an artificial sound Image of 
a virtual sound source in stereophonic loudspeaker reproduction, if crosstalk from each loudspeaker to the opposite 
ear is taken into account in calculation. 

30 [0008] Figure 1 shows the known first filter system 10 for implementing a sound image based on at least one virtual 
sound source. The first filter system 10 consists of a first filter block 17. which contains four parallel filters 11. 12, 13 
and 14. by means of which the signals XI and Xr brought to the system are filtered in order to create a spatial effect, 
and two summing devices. 15 and 16. Both channels include two fitters, one of whk;h functions as a HFTTF filter 11; 
1 4, and the other as a crosstalk cancellation filter 1 2; 1 3. 

35 [0009] If the sound sources are placed symmetrically around the listening position, a corresponding system can be 
implemented more efficiently by another filter arrangement 20 shown in Figure 2. In this implementation, the filters 11 , 
12.13 and 1 4 have been replaced by a first 24 and a second spatial filter 25. whereby the expansion can be implemented 
with only two filters. When the objective is to use a system in which the properties of the filters 24, 25 can be adjusted 
separately, the filters 24, 25 can be connected to a separate filter control circuit 28, by means of which the filtering of 

40 the signals can be changed in order to change the sound image. 

[001 0] A problem in the methods described above is constituted by the HRTF filters* complicated phase and frequency 
response properties. In stereophonic sound reproduction this is not a problem, because the desired spatial effect is 
achieved by these properties. If the signals being processed also contain monophonic signal components, the filters 
cause harmful distortions, because the hearing direction of the monophonk: signal component need not be changed. 

45 In systems like this, the monophonic signal sounds coloured. In principle, the distortion of the monophonic signal 
component could be corrected by adding one more filter stage to the system output, but this in turn would distort the 
desired spatial effect. 

[0011] In this patent application, nrxxiophony means coherence between the signals of at least two channels. In a 
two-channel system, this means that coherence can be perceived in the signals of both channels. In a system with 
50 rnore channels, the monophony must be defined separately for each channel pair Thus it is possible that the sound 
image contains multiple monophonic signals simultaneously. 

[0012] Correspondingly, the stereophony of a signal means the portion of a signal of at least two channels between 
whrch there is no coherence. According to the above definition, It is possible that the signal consists partly of a mono- 
phonk: and partly of a stereophonic signal. 
55 [0013] Figure 3 depicts a third filter arrangement 30 according to the patent application Fl 962181 , in which a third 
filter 31 has been added to the second filter block 21 according to Figure 2. the delay properties of which filter correspond 
to the spatial filters 24 and 25. The second filter block 21 . the third filter 31 added to it and the summing devices 36 
and 37 together constitute the third filter block 34. In the solutk)n according to the reference publication, sum and 
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difference signals are calculated from the signals coming to the system in the device 32. The strength of the sum signal 
received is changed with amplifiers 33. The signal after the amplifiers 33 is used as an approximation of the monophonic 
signal contained by the channels. This approximation of the monophonic signal is subtracted from the signals of both 
channels, whereby essentially only stereophonic signal remains in each channel. After this, the stereophonic signal is 
led to the second filler block 21 in order to produce a spatial effect, and the rrionophonic signal is led via the third filter 
31 past the second filter block 21 to be summed back to the signals coming from the outputs of the second filter block 21 . 
[0014] The solution according to the patent specification FI-962181 does not entirely eliminate the colorization of the 
monophonic signal. In addition, a preadjusted constant value is used in this solution to reinforce the sum signal that 
approximates to the monophonic signal, whereby it is assumed that the ratio of monophonic and stereophonic signals 
remains constant. In reality, the ratios between stereophonic and monophonk: signal components can vary considerably 
in a typical music recording, for example, which in a system based on that solution causes incomplete filtering, which 
is perceived as discrepancies and errors in the sound image produced. 

[001 5] It is the objective of this invention to achieve a new method and device for synthesizing a virtual sound source, 
by which the problems of the prior art described above can be eliminated. The method according to the inventbn is 
characterized in what is set forth in the characterizing part of Claim 1. The device according to the invention is char- 
acterized in what is set forth in the characterizing part of Claim 16. The preferred embodiments of the invention are 
presented in dependent claims. 

[0016] In a method according to the invention, a virtual sound source is synthesized in a system which Includes at 
least a right and a left channel for transmitting signals, and a filter block containing at least one filler and amplifier, 
through which the signals are conducted, is connected to the channels. 

[0017] According to the invention, the degree of stereophony of the signals fed to the filter system is determined by 
means of a mono/stereo estimator. According to this estimation, amplification coefficients are specified for the signals 
received from each filter, on the basis of wrhich coefficients the signals received from filters are amplified. 
[001 8] In one embodiment of the invention, the stereophony of the signal is determined on the basis of the symmetry 
of the cross-correlation between the channels by means of a certain decision function. The decision function used can 
be e.g. a piecewise continuous function, such as a step or ramp function. If the signal of one channel is significantly 
stronger than that of the other one, in one embodiment of the invention the signal can be defined as stereophonic 
regardless of the value of the decision function. 

[0019] In one embodiment of the invention, the sum signal of the channels that approximates to the monophonic 
part of the signal is conducted through a separate filter. 

[0020] In one embodiment of the invention, the virtual locatkxi of the monophonic virtual sound source is moved off 
the central axis of the pair of loudspeakers. 

[0021] In one embodiment of the invention, the signal is led from the filter block before the fillers to a separate filter 
block in order to produce early virtual room reflectk)ns. whereafter the filtered signals are summed to the signals after 
the filters of the original filter block. The separate filter btock can contain, for example, at least a delay circuit for 
producing a time difference to the early room reflection to be synthesized, an equalization filter for filtering the signal 
in the desired frequency band, and a spatial filter for producing a spatial effect. In addition, the intensity of the signal 
filtered in a separate filter block can be advantageously changed according to the reflectk)n strength coefficients esti- 
mated in the mono/stereo estimator, lor example. 

[0022] The device according to the inventron includes at least a right and a left channel, to which at least one filter 
and amplifier are connected. 

[0023] The device according to the invention comprises means for determining the stereophony of the signal, means 
for specifying the amplification coefficient of a signal received from at least one amplifier, and means for controlling at 
least one amplifier in accordance with the specified amplification coefficient. 

[0024] In one embodiment of the device according to the invention, at least some of the means are the same. 
[0025] In another embodiment of the device according to the invention, the device comprises means for simulating 
early room reflect k>ns in the sound image. 

[0026] The invention helps to achieve a better sound image compared to the prk>r art, when discrepancies and errors 
caused by a less than optimum ampliffcation ratio can be eliminated in cases in which the ratios of monophonfc and 

stereophonic signals vary. 

[0027] In addition, the method provides a way of implementing early room reflections, which enables the creation of 
a more realistic spatial effect. 

[0028] In the following, the invention will be described in more detail with reference to Ihe accompanying drawings, 
in which 

Figure 1 shows a known filter system for synthesizing a virtual sound source. 
Figure 2 shows another known filter system for synthesizing a virtual sound source. 
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Figure 3 shows a third known system for synthesizing a virtual sound source, in which system an attempt is made 
to separate monophonic and stereophonic signals, 

Figure 4 shows an adaptive filter system according to the invention for synthesizing a virtual sound source. 

Figure 5 shows a solution according to the invention for implementing a mono/stereo estimator, 

Figure 6 shows two solutions according to the invention for the shape of the decision function of the nnono/stereo 
estimator, 

Figure 7 shows a fitter system according to the invention, which comprises at least one separate filter block for 
implementing early virtual room reflections, and 

Figure 8 shows a solution according to the invention for synthesizing a virtual sound source. 



[0029] Figures 1 , 2 and 3 have been dealt with above in connection with the description of the prior art. 

[0030] The same reference numbers and markings are used in the figures for corresponding parts. 

[0031] Figure 4 shows a fourth filtering arrangement 40 that enables the synthesizing of a virtual sound source 

according to the inventwn. The solution is based on the prior art third filter block 34 shown in Figure 3, in which sum 

20 and difference signals are at first calculated from the channels XI and Xr in the first and second summing device 22 
and 23. After this, the sum signal is filtered in the first spatial filter 24 and the difference signal in the second spatial 
filter 25. After this, the filtered sum and difference signals received from the filters 24 and 25 are reconnected in the 
third and fourth summing device 26 and 27. In Figure 4, the fourth filter block 42 delimited by a dashed line further 
comprises a third filter 31 like the one in the third filter block 34, connected in parallel with the first spatial filter 24, 

2S which third filter 31 preferably has kienticat delay properties with the first spatial filter 24. In addition to these, the fourth 
filter block 42 comprises a first amplifier 45 for changing the level of the signal coming from the first spatial filter 24, a 
second amplifier 47 for changing the strength of the signal coming from the second spatial filter 25. and a third amplifier 
46 for amplifying the signal coming from the third filter 31, and a fifth summing device 49 for summing the signals 
received from the second amplifier 45 and the third amplifier 46. 

30 [0032] The signal to be processed is brought to the fourth filter block 42 through two channels XI and Xr The channels 
are connected to a mono/stereo estimator 41 for determining the stereophony of the signal. 

[0033] According to the prior art, the sum and difference signals of the input channels are at first formed in the first 
and second summing device 22 and 23 of the fourth filter block 42. The sum signal is led to the first spatial filter 24 
and the third filter 31 connected in parallel. The difference signal is led to the second spatial filter 25. When it is desired 
35 that the properties of the filters 24, 25. 31 can be separately adjusted, the filters 24. 25, 31 can be connected to a 
separate filter control circuit 28. 

[0034] According to the invention, the outputs of the filters 24, 25 and 31 are in a corresponding manner connected 
to the amplifiers 45, 47 and 46, the amplification coefficients of which (Kg^, Kgg. K^i) are determined on the basis of 
the estimation carried out by the mono/stereo estimator 41 . After the first 45 and third amplifier 46, the signals coming 

40 through the third filter 31 and the first spatial filter 24 are summed in the fifth summing device 49. In the end. the sum 
signal of the signals passed through the first spatial filter 24 and the third filter 31 and the difference signal that has 
come through the second spatial filter 25 are combined in the third 26 and fourth summing devk:e 27. 
[0035] With regard to the present inventk>n it is essential that the mutual levels of the signals received from the filters 
24, 25 and 31 are adjusted by modifying the amplification of the amplifiers 45. 47 and 46 according to the amplification 

45 coefficients received from the mono/stereo estimator 41 so that the mutual relations of the signals are preferably op- 
timum for the sound image to be produced, regardless of the ratio of monophonic and stereophonic signals. 
[0036] The adjustable amplifiers 45, 47 and 46 can also be placed before the filters, but then the calculation needed 
becomes more complk:ated, because the changes made on the amplification levels should also be made on the delay 
lines of the spatial filters, whereby the complexity of changing the amplification would be proportional to the length of 

so the spatial filter. If the changes in the amplificatbn were not also made on the delay lines of the spatial filters, the 
change of amplificatk>n could be perceived as errors in the sound image. 

[0037] The mono/stereo estimator 41 determines different amplification coefficients by examining the stereophony 
of the signal coming to the system. The stereophony of the signal can be conveniently determined by utilizing the fact 
that the cross-correlation between the channels is symmetrical if the signal to be examined Is monophonic. Thus the 
55 monophony of the signal to be examined can be determined by testing how symmetrical the cross-correlation between 
the channels is. 

[0038] The monophony of the signal can be determined by the following formula, for example: 
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\r[n]l[n - 1] - l[nMn - l]^...+\r[n]l[n - N]-l[n]r[n - N]\ - c\rln]l\n]\= l^^" monophonic 

[> 0 = stereophonic 



10 



IS 



where tn] ,s the signal of the left channel and ^n) is the signal of the right channel at the instant of time n and cIs 
constant. The equation consists of a chosen number of correlation terms (1...N). in which the absolute value of the 
difference of the product of the signal in the right channel at the instant n and the earlier instant of the left channel In- 
X where X = 1 N) and the product of the signal in the left channel at the instant nand the earlier instant of the right 
I^T^T ^'^\Tl^ ' = ' calculated. The absolute value of the product of the signals of the channels at L 

instant nmuttiplied with the constant coefficient c is then subtracted from the sum of the cross-correlation terms The 
*'?H K*"^."' ^'•i^ '° "^""^ ^'^'^ ""^ proportion of the monophonic signal should be in order that the 
signal would be classified as monophonic. The higher the number of correlation teims or the higher the value of N is 
the more accurately the stereophony of the signal can be determined. 

[0039] If there is a previously known difference in the strength of the signals of the channels to be examined e o 
when It IS known that the signal of one channel is always a little stronger than the other one, it Is possible to m^ke a 

20 ™!nMH7.K'°;} '° ^ multiplying in the above equation the strength of one channel by such a 

20 constant that the known difference in strength is compensated. 

!1 '° ^ P®'*®" ^""'^ "3^^ °" cross-correlatkjn between the signals 

described above is not the only method for defemiining the monophony of a signal. The determinatfon can al«, be 

SliSn me^channeTs ^""^ '"^'^'^^ "^^^ °" ^ comparison of the amplitude or phase differences of signals 
25 [0041] Figure 5 shows one solution for implementing the mono/stereo estimator, in which the correlation block 51 
carries out a correlation determinatkjn according to the above fomnula. The signal received from the correlation bkxk 
^ Jn= 1^^" tow-pass filtering block 52. which equalizes rapid changes of the correlation signal By 

means of equalization filtering it is possible to regulate, in a known manner, how fast the mono/stereo estimator reacts 
to Changes that take place in the stereophony of the signal being examined 
30 [0042] When the stereophony of the signal has been estimated by means of the above method, for example the 
tTT°7 "r?."'" "^^'^ for deciding the desired, preferably optimum amplification of each amplifier 

with the ratio of the mono/stereo signals in question. This can be determined by the decision function bkxk 53 shown 
in Figure 5, lor example, to which the low-pass filtered correlatkxi signal is directed 

^"^ graphically two examples of the form of the decision function to be used In both 

ngures. the value of the horizontal axis represents the stereophony of the signal, which may have been received by 
cross-correlation in the manner described above. The value of the Y axis represents the variable K. which can be used 
K? K ^^'"''^"'^ amplifiers. The value of the variable K typically varies between two predetermined 

S Je of Kt'il u pTf " ? ^"^ 1"° '''^^ '^'"^ °' ° ^'9"^' -^onophonk:. and when the 

value of K is 1 ,t ,s entirely stereophonic. The decision function used is prelerabV piecewise continuous, whereby all 
the values of stereophony can be used to define a value for the variable K 

iTt ^? ^ .^'^P"^*^ '^"^^ ^ «'««ys as either entirely monophonic 

K stereophonic (K=1). Adeciston functwn according to Figure 6a is useful when tuning the monojfetereo 
h« rA^iK «°«he discontinuity of the function the sound image contains audible errors when the signal switches 
between the monophonic and stereophonic state. 

S^r,.,^ '""'^t'^" sf^own in Figure 6b is more uselul than a stepped function in typk:al applteations 

Of a virtual sound source. When a ramped decision function is used, the variable K can also receive values between 

l^ieJZltignaT'''^*' ^^'^^ ^'^^ "^'"^ ^''^'"^ '^^'"^^ ^ containing partly monophonic and partly - 

50 "ilf ^"""'^ '^"^ P*^""^ °' '""cl'o" are not limited to the 

examples only, but functions of different shapes can also be used as decision functions 

lOO*n Depending on the stereophony estimatfon method used it is possible that in cases where one signal is re- 

^'^K ^ f 0"9er than the other one. as in cases where one channel has been muted, the algorithm used can erro- 

whlh ^ T'^ "^"^ ' monophonic. This can be prevented by adding an extra test to the decision function. 

ss fer^nl ^tereophonk: if the strengths of signals in different channels are significantly dif- 

Ar^l "^'"^ '1"'"^'* '° amplificatons of the amplifiers 45. 

46 and 47 shown in Figure 4. The amplificatfon coefficients can be determined as foltows. for example: 



35 



40 



4S 



5 



EP 0 955 789 A2 



10 where Kg^ is the amplification coefficient of the first amplifier 45 after the first spatial filter 24. is the amplification 
coefficient of the second amplifier 47 after the second spatial filter 25. and K^^ is the amplification coefficient of the 
third amplifier 46 after the third filter 31 . The constant coefTicient c is used to restrict the amplification of the signal 
coming through the first spatial filter when the signal is entirely stereophonic (K = 1). 

[0049] One way of creating more realistic sound images is to add to the synthesized sound image of the virtual sound 
IS source information of the size and acoustic properties of the virtual space where the virtual sound source is situated. 
Information of the virtual space can be produced to the sound image by adding to it early and late room reflections and 
attenuation effects caused by the virtual space. It is a known method to model early room reflections by means of 
geometric acoustics, as well as it is a known method to use recursive filter structures for modelling attenuation caused 
by the virtual space. 

20 [0050] Figure 7 shows a solution based on the fourth fitter arrangement 40 accordffig to Figure 4 for synthesizurtg 
virtual acoustic spaces. In Figure 7. a separate filter block 71 has been added to the fourth filter arrangement 40 for 
synthesizing early room reflections. Within the limits of the calculation power available there may be even more blocks 
that produce separate reflections and other effects. In the following, the solution according to the invention will be 
described in more detail with reference to the use of one separate filter block 71 shown in Figure 7. If there are more 

2S separate filter blocks, their operation is arranged correspondingly. 

[0051] When a fourth filter arrangement 40 as in Figure 4 is used, the sum and difference signals received from the 
first and second summing element 22 and 23 are led to a separate filter block 71 for synthesizing early room reflections. 
The filter block 71 used for calculating the early room reflections preferably comprises for both the sum and difference 
signal at least one delay circuit 72a; 72b, an equalization filter 73a; 73b, a spatial filter 74a; 74b and an amplifier 75a; 

3a 75b, The delay circuits 72a and 72b cause a delay in the early room reflection which corresponds to the temporal 
difference between the sound coming directly from the virtual source and the reflected sound. The equalization filters 
73a and 73b model the attenuation of high frequencies that take place in the air and in connection with the reflection. 
The spatial filters 74a and 74b create a similar three-dimensional sound image for the early room reflection as the 
spatial filters 24 and 31 . The adjustable amplifiers 75a and 75b are used to adjust the strength of the reflected signals 

35 to comply with the reflection strengths Kji and K22 The calculation of reflection strengths is a technique known as 
such, which can be implemented, for example, by adding to the mono/stereo estimator 41 means that are necessary 
for calculating the reflection strengths Kg^ and K22 

[0052] In the fourth filter arrangement 40, the sum and difference signals received from the separate filter block 71 , 
which represent the early room reflections, are summed in the fifth 49 and sixth summing device 76 back to the cor- 

40 responding sum and difference signals after the filters 24, 25. 31. 

[0053] Solutions according to the tnventk)n are not limited to the solutions represented by the above examples only, 
but the solutions can vary within the limits defined by the claims. In particular, the solution according to the invention 
is not limited to the filter arrangement 20 shown in Figure 2. but the solution according to the invention can also be 
applied in other kinds of filter arrangements, as shown in Figure 8. 

45 [0054] Figure 8 shows a solution according to the invention for synthesizing a virtual sound source in a filter system 
based on the first filter arrangement 10 shown in Figure 1 . In order to clarify Figure 8, the control circuit 28 that can be 
included in the arrangement for controlling the fitters and the connections related to it have not been drawn in the figure. 
In the solution, the stereophony of the signal is examined by means of the mono/stereo estimator 41, by means of 
which the amplification coefficients are specified for the amplifiers 82, 83, 84, 85, 86 and 87 after the fillers 11,12, 13, 

so 14, 88 and 89. Before the filters, part of the signals in both channels is led to the summing device 91 for producing a 
sum signal approximating to signal monophony. 

[0055] The sum signal is divided for the fifth 88 and sixth 89 filter for implementing the desired filtering for the mono- 
phonk: signal. After the filtering, the signal coming from the fifth filter 88 is led to the fifth amplifier 86. which adjusts 
the strength of the monophonic signal to be fed to the left channel according to the amplification coefficient received 
55 from the mono/stereo estimator 41 . Correspondingly, the sixth filter 89 and the sixth amplifier 87 process the mono- 
phonic signal to be fed to the right channel according to the amplification coefficient K^^^ received from the mono/stereo 
estimator 41. After this, the monophonic signals received are summed in the summing devices 15 and 16 to the cor- 
responding channels going to the sound sources. 
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[0056] The stereo expansion filter 11 of the left channel creates the desired spatial effect in the signal of the left 
channel, and the crosstalk cancellation fitter 12 of the left channel controls the audibility of the left channel signal from 
the right channel. Correspondingly, the HRTF filter 1 4 creates the desired spatial effect in the signal of the right channel, 
and the crosstalk cancellation filter 1 2 controls the audibility of the right channel signal from the left channel. According 
to the invention, amplifiers 82, 83. 84 and 85 are placed after all the filters presented, by means of which amplifiers 
the strength of the signal received from each filter is adjusted according to the amplification coefficients K^g, K^^^ Kga 
and received from the mono/stereo estimator. When the signal strengths have been adjusted, the signal received 
from the amplifier 82 after the stereo expansion filter 11 of the left channel is summed in the summing device 15 of the 
left channel with the signal received from the amplifier 84 after the crosstalk cancellation filter 13 of the right channel. 
[0057] Correspondingly, the signal received from the amplifier 85 after the HRTF filter 14 of the right channel is 
summed in the summing device 1 6 of the right channel with the signal received from the amplifier 83 after the crosstalk 
cancellation filter 12 of the left channel. 

[0058] Compared to the fourth filter arrangement 40 shown in Figure 4, the solution shown in Figure 8 has the ad- 
vantage that the sound image need not be limited to sound sources placed symmetrically around the listening position, 
[0059] By the embodiment shown in Figure 8, it is possible to implement a solution in which the monophonfc sound 
image need not necessarily be heard from the midpoint of the sound sources, as in the solution of Figure 4. By means 
of a sound image created by the solution represented by Figure 8, a monophonic signal can be made to be heard from 
any chosen direction between the sound sources. In other words, the position of the monophonic virtual sound source 
is moved to a kx:ation, where the distances to the loudspeakers of the pair of loudspeakers producing the sound are 
different from each other 

[0060] In view of the foregoing description it will be evident to a person skilled in the art that various modifications 
may be made within the scope of the invention. While a preferred embodiment of the invention has been described in 
detail, it should be apparent that many modifications and variatrans thereto are possible, all of which fall within the true 
spirit and scope of the invention. 



Claims 

1. A method for synthesizing a virtual sound source in a system (40), which comprises at feast a right and a left 
channel for signal transmission and in which at least one filter (24; 25; 31) and amplifier (45; 46; 47) is connected 
to the channels, characterized in that 

the degree of stereophony of the signal is estimated by means of a mono^stereo estimator (41), and 

the amplification coefficients {K^^. K^. K^-,) of the signals produced by said at least one filter (24; 25; 31) are 
determined on the basis of said estimatbn, and 

the level of the signals produced by saki at least one filter (24; 25; 31 ) is changed according to said determhed 
amplification coefficients (K^i. Ka2, K^t)- 

2. A method according to Claim 1 , characterized in that the change of level of said signals produced by said at least 
one filter is effected before the filters (24; 31 ; 25) according to said determined amplification coefficients (K^.. K«o, 
K„,). 

3. A method according to Claim 1 , characterized in that the stereophony of the signal is estimated on the basis of 
the symmetry of the cross-correlation between the channels by means of a certain decision function. 

4. A method according to Claim 3, characterized in that if the signal of one channel is significantly stronger than that 
of the other one, the signal is defined as stereophonic regardless of said decision function. 

5. A method according to Claim 3. characterized in that sakJ decision function is piecewise continuous. 

6. A method according to Claim 5, characterized in that sakJ decision function is a step function. 

7. A method according to Claim 5. characterized in that saki decision function is a ramp function. 

a A method according to Claim 1 . characterized in that a monophonk: signal is led along a separate channel past 
at least a first spatial filter (24). 
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9. A method according to Claim 1 , characterized in that the position of the monophonic virtual sound source is moved 
to a location, where the distances to the loudspeakers of the pair of loudspeakers producing the sound are different 
from each other. 

10. A method according to Claim 1. characterized in that 

a signal of at least one of the channels is led before said at least one filter (24; 25; 31) to at least one separate 
filtering block (71 ) for synthesizing early virtual room reflections and for creating a processed signal, 
whereafter said processed signal is summed back to the signal of the same channel after said at least one 
filter (24; 25; 31). 

11 . A method according to Claim 1 0. characterized in that in said separate filtering block (71 ) said signal is led through 
at least an equalization filter (73a; 73b) for adjusting the signal strength in certain frequency ranges. 

12. A method according to Claim 10, characterized in that in said separate filtering block said signal Is led through 
at least a spatial filter (74a; 74b) for achieving a spatial effect. 

1 3. A method according to Claim 10» characterized in that in saki separate filtering block (71) the level of saki signal 
is changed after the filtering according to reflection strength values. 

14. A method according to Claim 13. characterized In that the reflection strength values are calculated in the rTK>no/ 
stereo estimator 

1 5. A method according to Claim 1 0, characterized in that in said separate filtering block (71 ) said signal Is led through 
at least a delay circuit (72a; 72b). 

16. A device for synthesizing a virtual sound source, in which devk:e there is at least a right and a left channel for 
transmitting the signal, and at least one filter (24; 25; 31) and at least one amplifier (45; 46; 47) is connected to 
the channels, characterized In that the device has 

means (41 ) for estinnating the degree of stereophony of the signal, 

means (41 ) for determining an amplification coefficient (K^^ . K^|) of a signal received from said at least 
one amplifier (45; 46; 47), and 

means (41) for controlling said at least one amplifier (45; 46; 47) according to said amplification coeffk:ient 

{^aT *^a2' ^m^)' 

17. A device according to Claim 16, characterized in that of said means at least two are the same means (41 ). 

18. A device according to Claim 16. characterized in that the device comprises means (72a, 72b, 73a, 73b, 74a, 74b, 
75a, 75b) for synthesizing early room reflections. 
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